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© Improved Dolby prologic decoder. 



© The nucleus block of a Dolby Prologic decoder 
comprises two main sections: an adaptation section 
(21) and a matrix section (22) comprising voltage 
controlled amplifiers VCA. The adaptive section ex- 
amines the two channel input signal to find in which 
direction the dominance of the sound field is located, 
and then generates control signals controlling the 
amplifiers of the matrix section. In this way we obtain 
the four channel output signal (R, L, C and S). 



According to the invention the two channel audio 
signal (Lt, Rt) is supplied to a block performing linear 
signal processing operations and processing sepa- 
rately the signal of both channels. The two channel 
output signal of the DSP block is the input signal of 
the matrix section (22). In this way it is possible to 
affect all four output channels by processing only 
two channels, without otherwise interfering with the 
function of the decoder. 
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The Dolby Surround Sound system is widely 
used as the sound system of movies but also in 
video cassettes and other video recordings. The 
system is also extending to television applications 
with stereo sound. The system has four sound 
channels: left (L), right (R), center (C) and surround 
(S). They are encoded in a Dolby encoder so that L 
and R are transmitted in the normal way, but the C 
and S channels are phase encoded and included in 
the L and R channels. Both the center channel C 
and the surround channel S are divided equally 
into the L and R channels, but the components of 
the surround channel S added to the left and right 
channels have a phase difference of 90 degrees. 

The decoder again separates the encoded four 
channels. In the passive decoders of the first gen- 
eration the left channel L and the right channel R 
are supplied as such to the decoder output. These 
channels also contain information of the channels C 
and S. The center channel is detected as the sum 
of the the L and R channels (the surround informa- 
tion with opposite phases is canceled) and the S 
channel is detected as their difference (the center 
channel information with the same phase is can- 
celed). 

If the Dolby encoded sound is reproduced with 
conventional two channel stereo equipment the L 
and R sounds are localized in a normal way. The 
center channel C is localized in the middle of the 
stereo pair, and the surround channel S is not 
clearly localized anywhere, but is heard from an 
indefinite direction. 

The encoder is quite simple to realize, and it 
comprises mainly a simple differential amplifier, a 
delay means and filters. The disadvantage of the 
encoder is that even if the difference between the 
main channels L and R as well as the difference 
between the center channel C and the surround 
channel S is higher than 40 dB, the difference 
between the adjacent channels (e.g. S and L) is 
only 3 dB. Therefore we have a quite small area in 
which the stereo pattern is good, and in which the 
center channel sound seems to be emitted from 
the middle. Also there is not a good isolation be- 
tween the front and back areas, because the sur- 
round loudspeakers placed behind or on the sides 
of the listening space will reproduce also the dif- 
ference information between the left channel L and 
the right channel. Therefore passive decoders can- 
not locate the sounds very accurately, in other 
words, the sound is not received from a correct, 
defined direction, but there Is an indefinite impres- 
sion of the sound. 

The disadvantages of passive decoders are 
reduced by an active decoder. An active decoder 
could be conceived as a passive decoder having a 
processing circuit connected to it. The active de- 
coder is called Dolby Prologic. This process exam- 



ines the balance on the axes L-R and C-S. The 
Prologic processing tries to keep the total power at 
a constant level. A dominating sound is enhanced 
by attenuating the other channels. Thus it is possi- 
5 ble to substantially increase the apparent channel 
difference. 

Figure 1 shows a block diagram of the known 
Dolby Prologic decoder. The decoder inputs are 
the left channel Lt and the right channel Rt, con- 
10 taining the encoded center channel C and the 
surround channel S. The level difference of the 
input signals is corrected in blocks t and 2. The 
adaptive matrix block 6 of the Prologic circuit gen- 
erates all channels L, R, C and S. The surround 
75 channel S is supplied to the filter 7 preventing 
enfolding, and through the delay means 8 adjusted 
by means 9, and through the low-pass filter 10 to a 
modified B-type Dolby noise attenuator 11. The 
modified Dolby B noise attenuator is developed by 
20 Dolby, and it differs from a conventional in that its 
noise attenuation is only half of that in the conven- 
tional attenuator. The surround signal S obtained 
from the attenuator output is then supplied to the 
output level controller 12, which also receives the 
25 signals of the left L, the right R and the center 
channels generated by the adaptive matrix block 6 
of the Prologic circuit. At the output of the level 
controller we obtain all four channels as encoder 
output signals. The noise sequencer 3 can adjust 
30 the correct levels of the different channels. 

The adaptive matrix block 6 is the nucleus of 
the decoder, and at the same time the fact distin- 
guishing it from a passive decoder. The block 
comprises two main sections: the adaptive logic, 
35 and a matrix comprising voltage controlled amplifi- 
ers VCA which improve the channel separation. 
The adaptive block continuously monitors the Rt 
and Lt sound channels at its input and from these it 
in a known way calculates sums and differences of 
40 the sound channels utilizing the signal level ratios 
of the R and L channels and C and S channels. So 
it examines in which direction the momentary 
dominance of the sound field is located. To deter- 
mine this each main signal (L, R, C, S) is first full- 
45 wave rectified, the obtained - DC voltages are 
logarithmically transformed in pairs, and then their 
differences are formed. This produces two inde- 
pendent control signals, one representing the domi- 
nance on the left-right axis, and the other on the 
so center-surround axis. The control signals are fur- 
ther processed in the adaptation section of block 6 
so that a set of control voltages (16 voltages) are 
obtained and supplied to the amplifier section of 
block 6, the amplifier section thus comprising a 
55 matrix of several voltage controlled amplifiers 
(VCA). The VCA matrix also receives as input sig- 
nals the received signals left Lt and Rt. Control 
voltages control the amplification of the VCA am- 
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plifier, and then the matrix produces as outputs the 
signals R, L, C and S containing the direction 
information, which is amplified in the dominance 
direction and proportional to them as calculated by 
the adaptation block. Then, in the same way as in a 
passive Dolby decoder, the L, R and C signals are 
supplied to the main level controller 12 which also 
receives S through the side branch, as shown in 
figure 1 . 

However, this known Dolby Prologic decoder 
has some disadvantages, particularly in television 
applications. More and more television receivers 
are provided with Dolby Surround Sound decoders. 
As said above, after the encoder there are four 
audio channels, L R, C and S, which are available 
for any further processing of the audio signal ar- 
ranged by the television manufacturer. Thus the 
further processing must be made separately for 
each audio channel, which leads to very expensive 
practical realizations. The object of the invention is 
to create an arrangement to minimize the effort of 
the further processing. 

This is realized so that in the adaptive Prologic 
matrix a block performing linear signal processing 
operations in front of the matrix block of the VCA 
amplifiers, but regarding the input signal lines Rt 
and Lt after that point, from which the input signals 
are supplied to the adaptation block, in the same 
way as in the prior art encoder. But they are not 
supplied directly to the VCA matrix block,- as in the 
prior art encoder, but first to a signal processing 
block performing linear operations (DSP), where 
the signals are processed. At the output of the DSP 
block there are processed R and L signals, which 
then are supplied to the VCA matrix block. In this 
way there are only two signals to be processed 
instead of* four, but still the processing results are 
obtained in all four output channels of the decoder. 
The invention is particularly suitable to be used 
when all four channels are processed in the same 
way, e.g. filtered. 

After the dematrix process the surround chan- 
nel is processed by Dolby B decoding, as illus- 
trated in figure 1. This is a non-linear operation 
producing an effect which changes as the signal 
value changes. Because the signal processing 
block of the invention changes the value of the 
surround signal, it can not be supplied to the Dolby 
B decoder. Therefore, in the application according 
to the proposed solution, the level of the surround 
signal is detected before the linear DSP block, and 
this information is used to control the Dolby B 
process, whereby the linear operations in block 
DSP do not anymore have an adverse effect on the 
operation of the Dolby B block. 

The invention is described with the aid of the 
enclosed drawings, in which 



figure 1 shows the block diagram of the known 
Prologic decoder, and 

figure 2 shows how the DSP block according to 
the invention is located in the decoder of figure 
5 1. 

The structure of figure 1 was already described 
above. Figure 2 shows the adaptation and VCA 
amplifier matrix block 6 of figure 1, to which a 
linear signal processing block 23 of the invention is 

70 added. The input signals to the prior art block 6 
(figure 1) are the sound channel signals right Rt 
and Lt, into which the center channel C and the 
surround S channel are encoded (figure 2). In prior 
art the encoded input signals would be connected 

75 both to the Dolby Prologic adaptation block, which 
determines the direction having the momentary 
dominating signal, and to the amplifier block, which 
comprises a matrix of voltage controlled amplifiers 
VCA. The adaptation block forms control signals 

20 controlling the gain of each VCA amplifier. At the 
output of the matrix we obtain four audio channels 
R, L, C and S. 

According to the invention we place a block 23 
performing linear signal processing operations after 

25 that point, from which the left channel Lt and the 
right channel Rt are branched to the adaptation 
block, but before the channel input to the VCA 
matrix block. The block 23 contains at least one 
digital signal processor DSP. 

30 On the audio signals of the left channel and the 
right channel the DSP block 23 can perform de- 
sired operations, such as filtering, equalization and 
so on. The desired operations can be selected for 
each application and can be freely determined by 

35 the television manufacturer. Because there are only 
two channels to be processed we need only two 
filters and not four, as the case would be, if the 
audio signals would be processed after the Dolby 
encoder. 

40 The processed signals of the left and right 
channels are connected from the DSP block to the 
VCA amplifier block 22, which then in a known way 
generates the four audio channels. 

The surround signal obtained from the amplifier 

45 block 22 can not be supplied to a non-linear Dolby 
B decoder, because the DSP block 22 has 
changed the value of the surround signal. There- 
fore the input signals are connected also to the 
surround signal level detector 24. The detected 

so surround signal is now a surround "correctly" en- 
coded into the input signals, so that this signal is 
connected to the Dolby B decoder. This decoder 
now operates properly. 

The invention has several advantages com- 

55 pared to audio signal processing after the decoder. 
First of all there are only two channels (Lt, Rt) to be 
processed, and still this has an effect on all four 
output channels of the decoder. In the second 



EP 0 630 168 A1 



place there is a smaller need for equipment when 
the processing is made in hardware, or less signal 
processor code is required when the arrangement 
is realized in software. In the third place the pro- 
cessing of two channels does not require as much 5 
processing power as the processing of four chan- 
nels. The linear processing made according to the 
invention does not interfere with the function of the 
Dolby decoder itself. 

10 

Claims 

1. Decoder, which receives a two channel audio 
signal (Lt, Rt) and decodes it into a four chan- 
nel audio signal (left, right, center, surround), 75 
and having a Dolby Prologic adaptive matrix 
block (6) comprising 

- a matrix section (22) formed by voltage 
controlled amplifiers (VCA), whose am- 
plifiers are individually controlled by am- 20 
plifier gain control signals, and whose 
output signal is a four channel audio sig- 
nal (L, R, C, S), 

- an adaptation section (21), having as in- 
put signal the two channel audio signal 25 
(Lt, Rt) and as output signals said control 
signals for the amplifier gains, whereby 

the decoder further comprises a Dolby B 
decoder section to process the surround 
signal detected from the two channel 30 
audio signal, 
characterized in that the two channel audio 
signal (Lt, Rt) is supplied to a block (23) per- 
forming linear signal processing operations and 
processing separately the signals of both chan- 35 
nels, and that the two channel output signal 
(L't, R't) of said block is the input signal of the 
matrix section (22). 

2. The decoder of claim 1 , characterized in that 40 
the two channel audio signal (Lt, Rt) is also 
supplied to the surround signal detector (24), 
which detects the surround signal (S) encoded 

into the input signals (Lt, Rt), whereby the 
output signal of the detector is the input signal 45 
of the Dolby B decoder section. 

3. The decoder of claim 1, characterized in that 
the block (23) performing signal processing is 

a digital signal processor. so 

4. The decoder of claim 1 or 3, characterized in 
that the linear operation is filtering. 

5. The decoder of claim 1 or 3, characterized in 55 
that the linear operation is equalization. 
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